respectively. Then, the probability of a missed (false) hit is derived by using P (|r c |)(P (|n |)) and the fact that a missed (false) hit happens when |r c |(|n |) is smaller (greater) than ξ.
I. INTRODUCTION
The transport control protocol (TCP) supports reliable end-to-end data transmission and facilitates congestion control, where the transmission frame loss due to link errors is often assumed to be negligible in wired networks. However, directly transplanting the TCP into wireless applications suffers from link impairments, such as radio link attenuation, fading, handover, mobility, and cochannel interference. For the sake of avoiding congestion due to physical retransmissions induced by channel errors, we may either conceal the effects of the wireless link from the TCP-enabled transmitter or make it aware of the wireless channel effects [1] - [3] .
From a cross-layer point of view [4] , link-layer approaches such as Hybrid Automatic Repeat reQuest (HARQ) [5] , which is proposed for the sake of further improving the robustness against link adaptation inaccuracy due to various implementation impairments, attempt to conceal the channel-induced packet loss events from the TCP-enabled transmitter by reducing the effects of wireless link errors with the aid of channel coding combined with retransmissions on a prompt packet-based timescale. This solution is appealing as it does not incur the typical overhead associated with TCP awareness yet obeys the TCP semantics. However, this HARQ-aided approach introduces extra delay due to local link-layer retransmissions, which may potentially lead to a timeout and, hence, trigger the slow-start phase of the TCP transmission.
Against this backdrop, in this paper, we aim to improve the overall end-to-end TCP transmission efficiency by reducing the link layer's hop-by-hop HARQ retransmission delay with the aid of our proposed superposition-coding-aided multiplexed HARQ (M-HARQ) scheme, which jointly encodes the current new packet to be transmitted and any packets that are about to be retransmitted. In other words, the link-layer retransmissions are embedded in the next new packet's transmission, which avoids any potential throughput reduction imposed by retransmissions, although, naturally, they impose additional interference. A similar idea was proposed in [6] , which requires a specifically designed channel code, and its application is limited to twin-packet joint transmissions. As a benefit, our proposed scheme is capable of jointly and simultaneously transmitting multiple packets and is equally applicable to both Type-I and -II HARQ techniques. Hence, the advocated technique can seamlessly be integrated with diverse existing and future systems.
In a nutshell, the contribution of this paper is that we propose a novel M-HARQ scheme, which improves both the link layer and the end-to-end TCP layer transmission efficiency at the cost of a marginal link-layer packet error ratio (PER) performance degradation.
The rest of this paper is organized as follows: In Section II, we provide a general description of the classic HARQ approach. Furthermore, the structure of our proposed M-HARQ arrangement is described, followed by the associated encoding and iterative decoding algorithms. In Section III, the link-and TCP-layer transmission efficiency metrics used are introduced. In Section IV, both the link-layer PER performance and the transmission efficiency of both the conventional HARQ and proposed M-HARQ schemes are evaluated and discussed. Finally, we conclude our discourse in Section V.
II. MULTIPLEXED HARQ

A. Conventional Approach
Being a physical-layer-aware Automatic Repeat reQuest (ARQ) scheme, HARQ combines the cyclic redundancy check (CRC) encoding function of the link layer with channel coding in the physical layer. In HARQ, the receiver asks for a packet's retransmission using the reverse-direction channel with the aid of a single-bit NegativeACKnowledgement (NACK) flag whenever its currently decoded packet is deemed erroneous based on the decision of the CRC scheme. In general, the retransmissions in ARQ-aided systems can be carried out in different manners, e.g., using a Type-I packet combing scheme and a Type-II incremental redundancy scheme [7] . In this paper, we elaborate on Type-I HARQ, although our proposed scheme is equally applicable to both types. In Type-I HARQ, the same coded packet is used in consecutive retransmissions, allowing the receiver having a sufficiently large memory to perform soft combining of the various replicas of the packets before decoding. Naturally, each packet is also individually decodable for a receiver without sufficient memory to decode each replica of retransmitted packets, although, typically, this results in a residual PER penalty or an increased number of retransmissions.
Following the aforementioned conceptual introduction, let us now mathematically describe it. The information arriving from the upper layer, which is referred to here as a frame, is partitioned into M packets of equal length ] , where N i denotes the information packet length. These packets are protected by the channel coding function f c,v ∈ Ω = {f 1 , . . . , f V } of rate r c,v ∈ R = {r 1 , . . . , r V }, where Ω and R represent a set of predefined discrete rate-compatible codes and their corresponding rates. The selection of a particular code rate is based on the channel quality indicator controlling the link adaptation procedure. The maximum number of retransmissions is L < M, i.e., a total of (L + 1) transmission attempts. For Type-I HARQ, the same coded packet is repeated L times, i.e., we have f
, where the superscript "0" stands for the initial transmission. After successfully decoding the mth packet during the (L + 1)st transmission attempt, the transmission of the (m + 1)st packet is activated, as shown in Fig. 1 .
B. Proposed Approach
The strategy of transmitting the next new packet only when the successful reception of the current packet was confirmed is highly inefficient, which is analogous to the widely recognized drawback of conventional stop-and-wait ARQ [7] . However, if the receiver is capable of tolerating a modest amount of additional interference, the next new packet can simultaneously be transmitted with the retransmissions of the previous K ∈ [1, L] erroneous packets, as shown in Fig. 1 . In other words, M new packets are continuously transmitted, whereas the K erroneous packets are transmitted on a virtual channel and appropriately combined with the new packets.
1) Structure:
In general, different packets require different numbers of retransmissions, depending on the instantaneous channel conditions. We consider the worst-case scenario, where each packet exploited the maximum number of retransmissions L, so that we can evaluate the maximum of the PER after L retransmissions. In the worst-case scenario considered and when employing the superposition coding scheme to be introduced shortly, the resultant interference of our M-HARQ arrangement becomes similar to that of the ISI effects experienced for transmission over a dispersive channel in the absence of HARQ transmissions. Analogously, our scheme may be interpreted as generating interpacket interference (IPI), and it may be inferred from Fig. 1 that the conventional scheme requires a total of M r = M (L + 1) packet transmissions, whereas our scheme necessitates
2) Encoding and Decoding: Generally speaking, the joint encoding function F of the mth transmission can be represented as F (u a 1 , . . . , u a 2 ), where we have
Although, in principle, specifically designed coding functions may be created, we opt for the powerful superposition coding concept in this paper.
where each superimposed packet is referred to as a layer, whereas ρ i and θ i ∈ [0, π) denote the layer-specific amplitude and phase rotation, respectively. In this paper, an identical amplitude allocation and uniform phase rotations are employed for the individual superimposed layers. The benefit of choosing this particular superposition coding technique is that, by opting for this simple linear operation, the specific modulation function f (·) and channel coding function f c,v (·) of the individual layers may be retained. Our M-HARQ scheme employs iterative multiple packet detection (MPD) and channel decoding (DEC), exchanging extrinsic information between these two receiver components. The choice of the DEC algorithm depends on the specific channel code employed; however, a host of MPD schemes may be invoked, including the powerful but high-complexity maximum-likelihood detection scheme, or we may opt to employ a low-complexity soft-interference cancellation scheme [8] in this paper.
Remarks: Instead of superposition coding, multiple packets may orthogonally be multiplexed within a specific transmission attempt without imposing any IPI. However, maintaining orthogonality among the packets requires additional direct-sequence spreading of the originalchannel-coded packet, hence resulting in a rate loss. Since orthogonal channel codes are hard to design, we may exploit the multiplexing capability that is inherently provided by channel codes having a rate of less than unity by differentiating the layers with the aid of their unique layer-specific channel codes. Naturally, this is achieved at the cost of an increased complexity and marginal PER performance degradation.
III. TRANSMISSION EFFICIENCY METRIC
A general packet-based wireless network is constituted by a wired link spanning from a server to an access point (AP) and a wireless link from the AP to the mobile terminal. In this section, we discuss the transmission efficiency metrics to be applied for the link and TCP layers, respectively, which are the effective throughput η and the mean frame arrival rate λ.
The following simplifying assumptions are stipulated: First, when considering the TCP layer's transmission efficiency, we ignore any propagation delay over the wireless channel and the feedback delay encountered during the transmission of the link layer's error-free ACK and NACK indication. Furthermore, for transmission over the blockfading channel considered in this paper, the packet error events are independently and identically distributed (i.i.d.), resulting in a low probability of TCP timeouts due to consecutive packet loss events. Hence, we ignore the so-called slow-start TCP phase and only consider the congestion-avoidance phase of the widely used TCP Reno [9] . We also assume that the M/G/1 queue [9] has a Poissonian arrival process having an arrival rate of λ, a general i.i.d. service time duration T , and a single server.
A. Effective Throughput η
Let us define the normalized effective throughput η as the product of the throughput per packet η 0 and the total number of packets M divided by the total number M r of transmissions required, yielding η = η 0 M/M r , where the per-packet throughput is given by
, with r and b being the channel coding rate and the number of bits per symbol determined by the modulation scheme employed, respectively. Furthermore, p e denotes the link layer's PER as a function of the signal-to-noise ratio per bit, which is denoted by γ b . This metric assumes that each packet exhausts all the L retransmissions for the sake of simplified comparisons.
B. Mean Frame Arrival Rate λ
The normalized effective throughput achieved at the TCP layer may be measured by the so-called mean transmission frame arrival rate λ encountered, which is determined by the average number of TCP frames N successfully transmitted within the average round-trip time (RTT) τ [10] . More explicitly, we have λ = N/τ , where N = 3w/4 for the stop-and-wait ARQ regime assumed in the TCP layer [11] . Here, we will elaborate on the effects of two parameters used in the calculation of λ, i.e., those of congestion window size w and the average RTT τ .
1) Average RTT: The average RTT is given by
, where D is the propagation delay in the wired link spanning from the server to the AP, E[T ] is the expected transmission duration of a TCP frame, and D q is the expected queuing delay, which is given by the Pollaczek-Khinchine formula of [10] and [11] , i.e.,
Let us now derive the first and second moments of the transmission duration T of a TCP frame, i.e., E[T ] and E[T 2 ], to get the average RTT τ . A TCP frame is deemed successfully received only when all of its M link-layer packets are correctly received. If any packet of a TCP frame fails the CRC test after (L + 1) transmissions, this frame will be dropped, and the next frame is to be sent. This procedure may be modeled with the aid of a Markov chain as follows [11] , [12] :
Markov chain: Denote the set of states in the Markov chain by S, where |S| = M r stands for the maximum number of link-layer packet transmissions within a single TCP frame. Let us first consider the conventional HARQ, as shown in the upper part of Fig. 2 . There are a total of M r = M (L + 1) transmission states, and each link-layer packet of a TCP frame has a maximum of (L + 1) transmissions. Every erroneous packet transmission occurring with a probability of e j , j ∈ [1, L] leads from the current state represented by a circle to a state transition within the current packet. Following the final erroneous transmission of the link layer, the entire current TCP frame is dropped, and the corresponding state transition directly leads to the next TCP frame represented by s 1 with a probability of e L+1 . By contrast, a successful transmission having a probability ofē j , j ∈ [1, L + 1] leads to a state transition that bypasses the retransmissions and initiates a new packet's transmission.
However, the proposed M-HARQ scheme exhibits different characteristics, as shown in the lower part of Fig. 2 . There are a total of M r = (M + L) transmission states, and each packet has a maximum of (L + 1) transmissions. The first L states are associated with a unity transmission probability since the maximum number of (L + 1) transmissions of the first packet has not been exhausted. Once the (L + 1) packet transmissions of the first packet have been exhausted, the state transmission diagram in Fig. 2 traverses to the next state, corresponding to the next new packet's transmission in the current TCP frame with a probability ofē. By contrast, if none of the (L + 1) transmissions was successful, then the state transition evolves to the next new frame with a probability of e.
Transition probability: The transition probability p c (s, s ) of the conventional HARQ scheme's Markov chain from state s ∈ S to s ∈ S and that of the proposed M-HARQ scheme denoted by p p (s, s ) are given in Table I , where e j andē j = 1 − e j denote the probability of erroneous and correct link-layer packet reception during the jth transmission, respectively. Likewise, e =
L+1 j=1
e j andē = 1 − e denote the probability of erroneous and correct link-layer packet reception after (L + 1) transmissions, respectively. These transition probabilities are then incorporated in the transition probability matrix P of size |S| × |S|.
State probability: State probability vector p hosts the probability of each state s ∈ S. The initial state probability p 0 is modeled by the entries p 0 (s = 1) = 1 and p 0 s (s > 1) = 0. The transition state probability p q at the qth transition phase is given by p q = p
0P
, where we have q ∈ [min(L + 1, M), |S|], andP is equal to transition probability matrix P, except that the transition to state s = 1 corresponding to the first column of P, i.e., z = P(:, 1), is omitted from P to arrive atP. 1, M) . Furthermore, t q = qt 0 stands for the time required for the transmission of q link-layer packets with each packet's transmission duration t 0 set to unity in this paper.
2) Congestion Window Size: The congestion window size w in the TCP mechanism is employed to control the frame flow by additively increasing its window size every RTT until either the maximum allowable buffer size is reached or the congestion is resolved. If so, then the window size is halved. Hence, the maximum congestion window size is determined by two design parameters, i.e., the affordable buffer size and the acceptable frame error rate (FER).
We refer to a buffer-size-limited scenario, when potentially no frame error events are experienced, because the window size of w B is increased until the buffer is filled. The subsequently arriving TCP frames are then dropped, and the window size of w B is halved in the interest of getting ready for future window expansion to prevent future frame-dropping events. Window size w B is given by w B = B + τ /E[T ] + 1 [11] , where 1/E[T ] represents the average TCP frame transmission rate. On the other hand, if residual frame error events persist after link-layer HARQ retransmissions, window size w e is determined by the residual FER p f e experienced, and w e is halved for the same reason, as previously argued. FER p f e corresponds to the maximum of (L + 1) link-layer HARQ transmissions, which is given by p f e = p s z e /p s z, where z e is equal to the vector of z hosting the transition probabilities leading to state s = 1 due to failure. Hence, the average number of TCP frames transmitted between two consec- utive frame loss events is roughly 1/p f e , which is also approximately given by 3w e (w e /2 + 1)/4; hence, we arrive at the window size of w e ≈ 8/3p f e . When considering both the buffer-size-and FER-limited behaviors, the ultimate window size w is recommended to be set to w = min(w B , w e ). Based on the value of both the average RTT τ and congestion window size w, the mean frame arrival rate may be calculated as λ = 3w/4τ , where we obtain the value of λ by fixed-point iterations.
IV. PERFORMANCE EVALUATION
A. PER Investigation
Let us now evaluate the link-layer PER performance of our proposed M-HARQ scheme. Fig. 3 shows the PER performance of the proposed arrangement against that of the conventional scheme for a total of L + 1 = 3 transmissions employing Type-I HARQ. In practice, a total of two or three transmissions are sufficient since the HARQ scheme acts like a "safety net" in support of the link adaptation procedure, which is capable of preventing most of the potential packet loss events. In our simulations, each packet of length N i = 256 bits is quaternary phase-shift keying modulated and channel coded by a rate-1/3 irregular systematic repeat-accumulate code [13] . A Rayleigh-distributed blockfading channel is used, and the feedback channel conveying the NACK indicator is assumed to be error free. Again, we consider the worst case scenario, where each of the M packets employs the maximum affordable number of L = 2 retransmissions.
We now investigate the PER of all the (L + 1) transmissions for each of the first (L + 1) packets since they correspond to different typical interference patterns Ω. For instance, when L = 2 is considered, the number of layers for each of the L + 1 = 3 transmissions of the L + 1 = 3 first packets is given by Ω pck1 = [1, 2, 3] , Ω pck2 = [2, 3, 3] , and Ω pck3 = [3, 3, 3] . Fig. 3 suggests that, during the first transmission, the PER performance of our proposed scheme is the same as that of the conventional scheme. By contrast, for two and three transmissions, there is an observable but marginal PER degradation for our proposed scheme, compared with that of the conventional scheme. Apart from this slight difference, all packets experience a near-identical PER performance. 
B. Efficiency Evaluation
Let us now investigate the link layer's effective throughput η for both our proposed M-HARQ scheme and the conventional scheme. Observe in Fig. 4 the significantly improved effective throughput of our proposed M-HARQ arrangement, compared with that of the conventional scheme for both M = 4 and M = 12. When the total number of transmitted packets M is significantly higher than L, the effective throughput η of our proposed scheme approaches that of the single-transmission scenario, which can be verified by comparing the results of both the L = 1 and L = 2 scenarios corresponding to M = 12 in Fig. 4 , where the L = 0 curve is represented using a continuous line. This implies that there is only a marginal retransmission delay penalty for our proposed M-HARQ scheme for M → ∞. Fig. 5 compares the mean frame arrival rate λ recorded for a Poissonian source frame generation process for both the conventional HARQ scheme and our proposed arrangement at the TCP layer. Two different phenomena may be observed in Fig. 5, i. e., the "buffer-sizelimited" and the "FER-limited" situations shown at the right and left parts of the figure, respectively. More explicitly, at low E b /N 0 values, λ is limited by the high FER imposed by the channel, which activates more retransmissions. On the other hand, λ is limited by the finite buffer size of B, when the FER is low, such as p e ≤ 0.02 for our proposed scheme and p e ≤ 0.003 for the conventional scheme. This is clearly shown in Fig. 5 upon increasing the buffer size from B = 1 to 20. It is also shown in Fig. 5 that our proposed scheme substantially improves the mean successful TCP frame arrival rate at low γ b values before the conventional scheme reaches its buffer-limited maximum. Although both schemes reach the same maximum value of λ bounded by buffer size B, the proposed M-HARQ arrangement requires lower E b /N 0 values than the conventional HARQ when comparing points A and C in Fig. 5 . This implies that our scheme is more tolerant to frame error events and, hence, has a higher end-to-end throughput as a benefit of employing the proposed M-HARQ scheme.
C. Discussion
Our proposed scheme is based on the superposition coding approach; hence, the resultant composite packet of multiple superimposed layers becomes effectively "interference limited." Therefore, the per-layer throughput rate should not be excessive to ensure that the decoded PER remains low and approaches the single-layer best- case performance, as shown in Fig. 3 . More explicitly, this requirement discourages the employment of high-throughput but interferencesensitive high-order modulation schemes.
Furthermore, relatively low-rate channel codes are preferred for the sake of supporting the low-PER transmission of multiple superimposed layers at a near-single-layer PER performance. Since the number of retransmissions L is typically low in practice, so is the number of superimposed layers. Additionally, only a Type-I HARQ scheme was investigated based on the argument that Type-II HARQ provides a limited extra gain over Type-I HARQ for low-order modulation and low-rate channel coding [14] , although the employment of Type-II HARQ is also straightforward.
V. CONCLUSION
In this paper, a novel superposition-aided M-HARQ scheme has been proposed, which is capable of substantially improving the link layer's effective throughput for all transmitted packets at a marginal PER performance degradation. This improved link-layer transmissionefficiency also contributed toward an improved overall end-to-end transmission efficiency. Our superposition-coding-aided arrangement may be readily integrated with existing systems without substantially modifying the current design. It is particularly suitable for delaysensitive low-rate services and for providing cell-edge users with an improved end-to-end throughput and/or transmission integrity.
